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**** First Change ****
[bookmark: _Toc96536079]6.7	Key Issue #6: Configurable Interfacing Audio Channels
Editor’s Note: This clause should describe implications on protocol usage, when a predefined number of audio channels (as in MADI or SDI) is allocated, independently on its needs. In SDI, always 32 audio channels are allocated. Unused audio channels are “muted”. See ST 299 for more details. (https://tech.ebu.ch/docs/techreports/tr002.pdf)
a. Are muted audio channels used for other purposes in SDI / MADI, which should be considered for 5G deployments?
In MADI the channel have an active flag. If the channel is inactive there is no need to transfer the data within the 5G system, but it should be ready to transport the audio stream without noticeable delay.
b. Is it needed to send audio frames with “many null payload bytes“? What is the practice in ST 2110, which also supports separated A & V?
In ST 2110-30 the audio is AES67 encoded. The payload is given by the SDP description but can also be derived from the packet stream itself. Inactive channels with null bytes are not allocated in payload. So packet size depends on channels within payload.
c. Would all audio channel perceive same quality/QoS? Or can some audio channels require low latency while other audio channels are “embedded with video”?
Since each audio channel stream is announced via SDP in AES67, one could create multiple streams with different quality levels. Dynamically changing the quality level during a production is usually not done. Different quality levels should co-exists in parallel but separated within the streams.
Editor’s Note: This clause should describe the possibility of configuring audio channels on a need basis.
6.7.1	Circuit-switched audio transmission
The Multiple Audio Digital Interface (MADI) [38] and the Serial Digital Interface (SDI) [35][36] embed audio channels together with video channels onto the same physical medium. Multiple Audio Digital Interface (MADI) [38] supporting serial digital transmission over coaxial cable or optical fibre lines of 28, 56, 32, or 64 channels; and sampling rates to 96 kHz and beyond with an audio bit depth of up to 24 bits per channel. Where encapsulated audio and video are used then fewer channels are likely to be deployed. As a minimum, this should consist of two audio channels. 
5G System resources are shared among devices and radio resources should preferably not be allocated and left idle. This key issue should study, how in particular audio channels are allocated in existing media productions and how 5G based media productions can interwork with existing media productions, when a more dynamic allocation of audio channels is used on 5G Systems.
Audio may be carried as an encapsulated signal multiplexed with video and data, or as a separate set of streams. For tier one or audio-only productions, the audio is treated as separate discrete streams per channel. For tier two and three productions and contribution workflows, it may be desirable to carry audio and video multiplexed with the video.
A channel is usually a mono signal. An audio channel can be considered as:
-	Active or inactive: Not all channels (allocated in MADI or SDI) may be required for all applications so it should be possible to describe a channel as either active or inactive so as to make more efficient use of available bandwidth.
-	Muted or unmuted: An active channel may be temporary muted where it may be required but the UE is not transmitting any data.
-	Silent: A silent channel is active and unmuted but with a low-level audio signal. This may be used to provide atomospherhic or spot effects.
In MADI [38] and SDI [35][36] there is a mode bit to indicate whether a channel is active or not.	Comment by Richard Bradbury (2022-03-31): I think this is also true for SDI, so maybe this paragraph could be generalised to make it more relevant to the first sentence of this clause.	Comment by Pilz, Jens: Changed it to address SDI
The first four bits of a MADI subframe are used for frame synchronization and to indicate the state. If a channel is set to inactive, all payload data must be set to zero. Thus, an individual audio channel cannot be taken out of the multiplex compared to a packet-based transmission approach.
Also, MADI is synchronized in itself: it does not lock to the audio sampling frequency. This indicates an additional need for audio clock synchronicity via a word clock.	Comment by Richard Bradbury (2022-03-31): Is this also true of SDI?	Comment by Pilz, Jens: Added paragraph below
In audio production networks a word clock is a dedicated (physical) distributed timing signal. It is the one master clock providing the sampling frequency for all audio processing devices.
Editor’s Note: It should be checked, whether there is a DVB or SMPTE threshold definition for “silence”.
Communication channels are usually speech-only and of a lower quality than main programme audio but do require low-latency solutions. There is also a requirement for one-to-many solutions so that a director can speak to multiple end users at the same time.	Comment by Perez, Maria: This sentence seems to say that bidirectional communications are only possible to the move to IP/5G…That’s not truth
Today audio PMSE support bidirectional communications… 
Further for bidirectional communication IP is not a must. E.g. DECT does not define the network layer, can work without IP and allows bidirectional communications.
SDI (Serial Digital Interface) [35][36] is a family of standards widely used in the media production domain to transport uncompressed video signals. Various SDI interface (SD-SDI, HD-SDI, 3G-SDI, 6G-SDI, 12G-SDI and 24G-SDI) are available to support from standard definition up to UHD video resolutions.
SDI can carry also embedded audio.
3G-SDI, known as the 3Gbit/s interface, defined different mapping levels (A, B-DL, B-DS) for the carriage of 1080-line image formats and associated ancillary data. With respect to the audio, 3G-SDI may contain up to 16 audio channels or 32 if dual-link applications are considered or SMPTE ST 299-2 is used. 
NOTE:	3G-SDI and later supports 32 channels but in practice it is limited to 16 channels as it is rare to find products that support more than 16 channels. In fact many products only support 8 channels. For transporting higher than 16 channels of Higher Order Ambisonics (HOA) over SDI, refer to the HOA Transport Format (HTF) as defined in ETSI TS 103 589 [81]. For transporting more than 16 audio channels of channel-based audio content in live production cases over 16 channel SDI, refer to Annex 1 of ITU-R BS.1548-7 [XX].
Each audio channel in SDI (and in MADI) is AES3-encoded, removing the need for data conversion between both interfaces. Since the audio is data embedded in the ancillary data, the synchronisation is relative to the video signal. The timing information as well as additional metadata (i.e. sample rate, bit depth, channel status) are transmitted in additional audio control packets.
In Tier one scenarios, in general, the audio signals come from the microphones installed in the studio/location (and not from the cameras) while in Tier two and Tier three productions, especially for contribution links, embedded audio is transmitted multiplexed with the video. When the audio is embedded, MPEG-2 Transport Stream might be used over RTP/UDP/IP instead of native RTP carriage. For ST 2110-30 scenarios, six conformance levels are defined [40]. Level A is the only mandatory conformance level to be supported by all compliant equipment and is defined as follows:
-	Linear 24-bit PCM encoding.
-	48 kHz sampling frequency (media clock).
-	1 to 8 channels per stream.
-	1 ms packet time (48 audio samples per channel in each packet).
6.7.2	Packet-based audio channels
6.7.2.1	Introduction
Audio protocols have evolved towards packet-based technologies to be compliant with standard technologies and infrastructure such as Ethernet and IP. Various protocols have been developed in the industry. Depending on the operating layer one can distinguish between audio-over-Ethernet at Layer 2 of the protocol stack (clause 6.7.2.2) and audio-over-IP at Layer 3 (clause 6.7.2.3).
6.7.2.2	Audio-over-Ethernet
Layer-2 systems with a proprietary data link protocol. Sometimes compliant with Ethernet framing to utilize existing infrastructure and components, thereby reducing cost. Operated within different topologies, mostly star or tree.
Examples: CobraNet, EtherSound, Soundgrid.
6.7.2.3	Audio-over-IP
Layer-3 protocols based on IP. Often using derivates of UDP at Layer 4 with additional supporting proprietary protocols for solving device discovery, synchronisation, management and configuration, etc.
Examples: DANTE (Digital Audio Networking Through Ethernet), WheatNet, Livewire, Q-LAN, Ravenna.
While DANTE is the most prominent example, native synchronisation depends on underlying PTP-v1, while PTP-v2 support was added later [82]. Payload definition varies per protocol, and so different solution are thus not compatible with each other. Routing and network pathing via the IP layer enables coexistence with other IP-based services, but may depend on managed infrastructure to guarantee QoS.
Interoperability was later introduced via standardization of AES67 [57] as the common denominator of all packet-based audio transport technologies. AES67 defines a profile that all audio-over-IP solutions must provide to be compliant:
-	Synchronization via PTPv2, as specified in IEEE 1588-2008 [22].
-	48 kHz audio sampling rate.
-	16- or 24-bit linear PCM encoding ("L16/L24").
-	1 to 8 channels per stream.
-	48 samples per packet.
-	IP/UDP/RTP header with unicast and multicast support.
-	DiffServ for network QoS using ToS labelling in the IP packet header.
-	SDP for announcing sessions.	Comment by Thorsten Lohmar v4: Sounds like IP Multicast related. Is “IP” actually referring to “IP Multicast”. Maybe we need to highlight usage of PDU Session Type Ethernet in the solutions.
AES67 is thus compliant with "level A" in ST 2110-30 [3].
6.7.3	Solutions
6.7.4	Discussion
**** Next Change ****
2	References
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**** Next Change ****
3.3	Abbreviations
HOA	Higher Order Ambisonics
HTF	HOA Transport Format
**** Last Change ****
